Previous studies have demonstrated that normal-hearing listeners can understand speech using the recovered "temporal envelopes," i.e., amplitude modulation (AM) cues from frequency modulation (FM). This study evaluated this mechanism in cochlear implant (CI) users for consonant identification. Stimuli containing only FM cues were created using 1, 2, 4, and 8-band FM-vocoders to determine if consonant identification performance would improve as the recovered AM cues become more available. A consistent improvement was observed as the band number decreased from 8 to 1, supporting the hypothesis that (1) the CI sound processor generates recovered AM cues from broadband FM, and (2) CI users can use the recovered AM cues to recognize speech. The correlation between the intact and the recovered AM components at the output of the sound processor was also generally higher when the band number was low, supporting the consonant identification results. Moreover, CI subjects who were better at using recovered AM cues from broadband FM cues showed better identification performance with intact (unprocessed) speech stimuli. This suggests that speech perception performance variability in CI users may be partly caused by differences in their ability to use AM cues recovered from FM speech cues.
I. INTRODUCTION
The role of amplitude modulation (AM) and frequency modulation (FM) cues in speech perception has been extensively studied for normal-hearing (NH) listeners (e.g., Drullman, 1995; Shannon et al., 1995; Loizou et al., 1999; Smith et al., 2002; Zeng et al., 2005; Lorenzi, 2006, 2010; Sheft et al., 2008; Hopkins et al., 2010; Kates, 2011; Eaves et al., 2011) . In these studies, speech signals were passed through the "analysis" filter bank of a vocoder to simulate the outputs of the cochlear filters. For each subband, the Hilbert transform was then used to decompose the subband signal into its AM and FM components. The Hilbert AM (also called the acoustic "temporal envelope") was computed by taking the magnitude of the analytic signal of that band. The FM signal was derived as the cosine of the angle of the analytic signal for each subband. These vocoder studies showed that, with adequate training, NH listeners could achieve high and quite comparable levels of speech intelligibility with speech stimuli having acoustic Hilbert AM speech cues only or acoustic Hilbert FM speech cues only (stimuli hereafter referred to as AM-and FM-speech, respectively).
These vocoder studies suggested that speech FM cues may convey as much phonetic information as speech AM cues do. This is not surprising because the AM and FM speech components are related when the Hilbert transform is used for demodulation processing (for analytical analysis, see Voelcker, 1966; Rice, 1973; Logan, 1977; Papoulis, 1983) . However, it is still unclear how FM cues contribute to speech intelligibility. It has been proposed that the perception of FM can be mediated by two distinct early auditory mechanisms: (1) a first mechanism based on phase-locking in auditory-nerve fibers, and (2) a second mechanism based on an AM-(or envelope-) reconstruction process (e.g., Moore and Sek, 1996 ; for a recent review, see Ernst and Moore, 2010) .
Consistent with the first view, electrophysiological and modeling work demonstrated that the Hilbert FM information of FM-vocoded speech evokes "neural temporal finestructure" cues (i.e., phase-locked temporal patterns of firing) in the auditory nerve fibers (Heinz and Swaminathan, 2009 ). However, psychoacoustical, electrophysiological, and modeling studies also demonstrated that the narrow-band speech AM components can be reconstructed from the broadband Hilbert FM components as a result of cochlear filtering, which is consistent with the second view (Ghitza, 2001; Zeng et al., 2004; Gilbert and Lorenzi, 2006; Sheft et al., 2008; Heinz and Swaminathan, 2009; Ibrahim and Bruce, 2010 ; see also Apoux et al., 2011 for a recent study conducted with non-speech stimuli). Thus, when only Hilbert-FM speech cues (i.e., FM-speech) are presented to NH listeners, the recovered AM cues may serve as a strong cue for speech identification. Gilbert and Lorenzi (2006) evaluated the contribution of the recovered AM cues to FM-speech identification as a function of the analysis filter bandwidth. They created Hilbert FM-speech signals with different numbers of bands for the analysis filter (1, 2, 4, 8, and 16) , spanning between 80 and 8020 Hz. Then, the FM-speech signals were passed through a bank of 30 gammachirp auditory filters. This second set of gammachirp filters served as "reconstruction filters" to recover the AM cues from the Hilbert-FM signals at the outputs of the auditory filters. These recovered AM cues were then used to modulate the amplitude of sinusoidal carriers at the center frequencies of the auditory filters. Their hypothesis was that as more AM reconstruction from FM occurs, the better speech intelligibility would result when a wider analysis filter bandwidth was used. NH listeners could achieve about 60% consonant identification based on those recovered AM cues only when a single, wide analysis band was used, then identification performance dropped significantly as the number of analysis bands increased (i.e., as the bandwidth of each analysis band decreased). When the bandwidths of the analysis filters was less than or equal to four times the bandwidths of normal auditory filters, the contribution of the recovered AM cues to consonant identification almost vanished for NH listeners.
In agreement with this finding, the correlation between the original and the recovered AM components computed at the output of a simulated auditory filter bank was generally higher when the bandwidths of the analysis bands were wide [see also Sheft et al. (2008) for a similar demonstration]. Still, physiological experiments (Heinz and Swaminathan, 2009 ) and simulations (Ibrahim and Bruce, 2010) indicated that the recovered AM cues were not totally abolished in the response of auditory-nerve fibers when the bandwidths of the analysis filters approached the bandwidths of normal auditory filters. Consequently, a likely interpretation of the results of Gilbert and Lorenzi (2006) is that while the recovered AM cues where not entirely abolished for their NH listeners, these cues were not sufficient to contribute to the observed intelligibility. This is also supported by the preliminary model predictions of Ibrahim and Bruce (2011) .
To the best of our knowledge, the role of AM cues recovered from FM cues in speech perception has been only investigated in NH and hearing-impaired listeners (e.g., Lorenzi et al., 2006 Lorenzi et al., , 2009 Ardoint et al., 2010) . The present study extends this mechanism to cochlear implant (CI) users. CI sound processing is similar to the Hilbert vocoder processing which preserves only AM cues. For example, the continuous interleaved sampling (CIS) strategy extracts the AM component for each subband and uses it to modulate the amplitude of a fixed-rate pulse train. Therefore, FM information is discarded during this processing, and neural (phase-locking) temporal fine structure cues cannot be evoked by FM in the auditory nerve fibers of CI users. However, there is a possibility that FM could be transmitted through a CI sound processor in the form of recovered AM cues as a result of the implant filtering process. Specifically, when speech signals containing only Hilbert FM cues are presented through the CI sound processor, speech AM cues would be reconstructed at the output of the sound processor filters and modulated with pulse trains. In this regard, the sound processor filters act as reconstruction filters. Previous work demonstrated that CI users can make use of the recovered AM cues to detect and discriminate the simple and complex FM patterns produced by Schroeder-phase stimuli or noise modulators applied to sine-wave carriers (e.g., Drennan et al., 2008; Sheft et al., 2010) . We hypothesized that if CI listeners can use the recovered AM cues to identify FM-speech signals, speech perception performance would increase as more recovered AM cues become available for them. To test this hypothesis, consonant identification was measured for stimuli having intact information (i.e., AM þ FM), only AM cues, or only FM cues. For the FM condition, the number of frequency bands for the analysis filter was varied (1, 2, 4, and 8) to evaluate the effect of recovered AM cues on consonant identification (hereafter referred to as FM-1band, FM-2bands, FM-4bands, and FM-8bands, respectively). It was also reasoned that when AM and FM cues are presented simultaneously, AM and FM speech cues may potentially affect each other because they would share a common (and unique) coding mechanism for CI users. Consistent with this idea, previous vocoder studies with NH listeners (e.g., Zeng et al., 2005; Nie et al., 2005; Stickney et al., 2005 Stickney et al., , 2007 suggested that FM speech cues may aid speech identification when presented simultaneously with AM speech cues. Consonant identification was therefore measured in CI users using stimuli having either intact (i.e., AM þ FM) or only AM cues in 8 analysis bands to determine if the FM cues influence the auditory processing of the original AM cues. To compare CI and NH listeners' performance as the degree of envelope reconstruction varies, NH listeners were tested with vocoder simulations, where the stimuli were processed in a comparable way to the CI users.
II. METHOD

A. Subjects
Seven CI users and five NH subjects participated. One CI user used two implants and was tested on each ear individually, so a total of eight implanted ears were tested. Table I shows relevant information for the CI users. All CI users were fitted with an 8-channel CIS map to control the variability in the sound coding strategy. All NH subjects had audiometric thresholds of 20 dB HL or less at octave frequencies between 250 and 8000 Hz. This study was approved by the University of Washington Institutional Review Board.
B. Vocoder processing
The vocoder processing method used in this study was similar to the method reported by Gilbert and Lorenzi (2006) . A total of three different vocoder processing conditions were used. These three vocoder processings were used for both CI and NH subjects.
Intact condition
Original speech signals sampled at 44 100 Hz were passed through a bank of 8 analysis bandpass filters (32nd order finite impulse response filters). The cutoff frequencies for the analysis filters were matched to those in the 8-channel CIS map (see Table II ). The subband signals were summed over the bands without further processing. Thus both AM and FM information were preserved in this condition.
AM condition
The same analysis filters from the Intact condition were used to filter the original speech signals for the AM condition, where only AM cues were preserved while FM cues were discarded. The use of matched filters between the vocoder analysis filters and the CI processor ensured no spectral warping or compression. The subband AM signals were extracted using the Hilbert transform followed by low-pass filtering (6th order, zero-phase Butterworth filter with a cutoff frequency of 64 Hz). These subband AM signals were then used to modulate the amplitude of pure tones at frequencies corresponding to the center of the analysis bands with random starting phase. The modulated waves were summed over all analysis bands to create tone-vocoded stimuli (i.e., AM speech).
FM condition
The FM condition preserved only FM cues while discarding AM cues. Four different sets of analysis bands were used including 1, 2, 4, and 8 bands. Table II shows the cutoff frequencies for the four different band conditions. The Intact and AM conditions used the cutoff frequencies for the 8band condition listed in Table II . For the FM condition, the original stimuli were passed through a bank of 1, 2, 4, or 8 analysis bandpass filters. For each subband, the Hilbert transform was used to decompose the signals. Then the Hilbert FM (i.e., the cosine of the angle of the analytic signal) in each band was multiplied by the root-mean-square power of the subband signal. These subband FM signals were summed over all analysis bands.
C. Acoustic simulation of an 8-channel CIS strategy for NH subjects CI subjects were presented with the speech signals that were processed with the three vocoder strategies described above. As indicated above, CI subjects have a second set of filters in their sound processor, which act as reconstruction filters for the FM signals. They were mapped with an 8-channel CIS map, thus they had 8 bands of reconstruction 2  250  1387  8700  4  250  697  1387  2762  8700  8  250  494  697  983  1387  1958  2762  3898  8700   Cochlear  1  188  7938   2  188  1563  7938  4  188  688  1563  3438  7938  8  188  438  688  1063  1563  2313  3438  5188  7938 filters. For NH subjects, this CI sound processing was simulated using an acoustic simulation of an 8-channel CIS strategy of Advanced Bionics (AB) devices. This way, NH subjects also had 8 bands of reconstruction filters as CI subjects. In collaboration with Advanced Bionics Corporation, a custom MATLAB program was created to implement a preemphasis filter, band-pass filters, and envelope detection processing that are employed by the actual CI sound processor.
A more specific description of the acoustic simulation of 8-channel CIS processing follows: The input speech signal was digitally sampled at 17 400 Hz. The signal was passed through a pre-emphasis filter and subsequently filtered into 8 channels using an array of infinite impulse response, 6thorder Butterworth filters. The frequency allocations for the 8 channels are equivalent to the frequencies for the AB 8-band condition listed in Table II . Threshold and most comfortable levels for each channel were set to 25 and 75 dB(A), respectively. The input dynamic range was set to 50 dB. Next, the envelope of each channel was computed on a frame-byframe basis every 21 samples over 1.2 msec (21/17 400) by performing the half-wave rectification and averaging the outputs of each filter. The output of each channel was used to modulate a sine wave with frequency equal to the center frequency of the corresponding channel. Each modulated tone was then filtered with the initial bandpass filters. Finally, the modulated tones were summed together to create sine wave vocoded stimuli.
D. Pulse-train output analysis
The pulse-train outputs of CI processors were examined using an AB sound processing electrodogram simulation implementing an 8-channel CIS map. A generic CIS map was used in the electrodogram simulation, where the processing parameters were specified in such a way that the resulting electric signals were representative of the whole CI population. For example, threshold and most comfortable levels were set to 100 and 1000 lA, respectively, for all 8 channels. Trains of biphasic pulses were computed for each speech token processed in all six conditions (Intact, AM, FM-8bands, FM-4bands, FM-2bands, and FM-1band). For each processing condition, the pulse amplitudes at eight electrodes were calculated. At each electrode, the pulse amplitudes were low-pass filtered (cutoff frequency ¼ 300 Hz, 18 dB/octave rolloff) to extract the amplitude-modulation patterns. The modulation pattern at each electrode for the Intact condition was compared to the modulation patterns for the other five conditions. A Pearson correlation coefficient was computed for each token and an average across the 16 tokens was taken for each electrode.
E. Speech material and testing procedure
Sixteen bisyllables (vowel-consonant-vowels, VCV) read by a female speaker were used in a context of /aCa/ (/aba/, /ada/, /afa/, /aga/, /aZa/, /aka/, /ala/, /ama/, /ana/, /apa/, /ara/, /asa/, /a$a/, /ata/, /ava/, /aza/) (Shannon et al., 1999) . Before the actual testing, the subjects listened to each consonant more than three times for all processing conditions. All testing sessions were conducted in a double-walled soundproof booth. For CI subjects, the stimuli were presented in free field in random order at 75 dB(A) through a loudspeaker positioned at 0 azimuth and 0 elevation. CI subjects sat at 1-m from the loudspeaker, and were asked to face it during the course of the experiment. For NH subjects, the stimuli were presented monaurally to the right ear through an ER-3 insert earphone at 75 dB(A). Each consonant was presented three times for each trial. For the Intact and AM conditions, three testing trials were run. For the FM conditions, more than three trials (three to eight) were administered. Six testing conditions (Intact, AM, FM-8bands, FM-4bands, FM-2bands, and FM-1band) were run in random order. Percent correct scores were corrected for chance level and then transformed to rationalized arcsine units (RAUs). The rationalized arcsine transform (Studebaker, 1985) was applied to the proportions of correct responses in order to make the identification scores follow a normal distribution. The RAU score for testing trials were averaged for each testing condition. Figure 1 shows the mean RAUs (transformed percent correct, chance corrected) across 8 implanted ears and 5 NH subjects for each type of processing condition. For both CI and NH subjects, consonant identification scores were not significantly different for Intact and AM speech conditions (a paired t-test, p ¼ 0.1 for CI subjects, p ¼ 0.15 for NH subjects). For FM speech conditions, identification scores significantly decreased as the number of analysis filters increased from 1-8. This was true for both CI [F(3, 28) other conditions. This analysis revealed that FM-1band scores were significantly different from FM-4band (p ¼ 0.005) and FM-8band (p ¼ 0.001) scores. The FM-2band scores were not significantly different from any other conditions. The identification scores for FM-8band stimuli (13.2 RAU) were significantly different from 0 RAU (Wilcoxon t-test, Z ¼ À2.52, p ¼ 0.01) in CI subjects.
III. RESULTS
An independent sample t-test was conducted to compare the consonant identification scores for CI and NH subjects. There was a significant difference in the consonant identification scores for the Intact condition [t(11) ¼ 3.68, p ¼ 0.0036] and for the AM condition [AM: t(11) ¼ 2.86, p ¼ 0.016]. The mean difference between CI and NH subjects for the FMspeech processing conditions did not reach statistical significance [FM-1band: t(11) ¼ 1.72; p ¼ 0.11; FM-2bands:
For the FM-1band condition, consonant identification scores for CI subjects ranged from 26-74 RAU. Figure 2 shows the scatterplot of FM-1band scores and Intact condition scores for CI subjects. Despite the small number of subjects, a marginally significant correlation was found (r ¼ 0.7, p ¼ 0.07), suggesting that CI subjects who were better at using recovered AM cues from FM tended to also be better at identifying Intact speech. Previous work showed that differences in speech identification abilities of CI users are partly caused by differences in the ability to detect AM cues (e.g., Cazals et al., 1994; Fu, 2002; Won et al., 2011) . The present work extends these initial studies by suggesting that differences in speech identification abilities among CI users may also be caused by differences in AM recovery from FM speech cues by the sound processor and/or differences in the ability of CI users to use recovered AM cues.
For each experimental condition and for each CI user, a confusion matrix was built from all VCV stimuli. A group matrix was then constructed by summing the individual confusion matrices. The specific reception of the individual pho-netic features of voicing, manner, and place of articulation was evaluated on the group matrices using an informationtransmission analysis (Miller and Nicely, 1955) . For this analysis, data collected from CI subjects wearing AB devices were used (total 5 implanted ears), so that the CI data can be more closely compared to 5 NH subjects, who were tested with an acoustic simulation of CIS strategy implemented by AB devices. The upper, middle, and bottom panels of Fig. 3 show the results for the reception of voicing, manner, and place of articulation, respectively. In each panel, the filled circles show the NH data and open triangles show the CI data as a function of the processing condition. NH subjects showed better reception of the three phonetic features than CI subjects, but the difference between NH and CI subjects varies with processing conditions. For example, when FM-4band and FM-8band signals were used, both NH and CI subjects were equally poor for all three phonetic features. NH and CI subjects showed similar reception of manner of articulation when FM-speech signals were presented, but the difference between NH and CI subjects was greater for Intact and AM speech conditions. Likewise, there was a big difference between NH and CI subjects for the reception of place when Intact and AM speech signals were used. Reception of voicing was generally greater than reception of manner and place for both NH and CI subjects. Figure 4 shows the correlation between the pulse train outputs of the CI processor for the Intact condition and for the other five conditions. A higher correlation indicates that more AM information was preserved at the processor outputs. As expected, the correlations were distinctly high for the AM-condition. Averaged across eight electrodes, the correlation was equal to 0.93, suggesting that Intact and AM conditions produced almost identical temporal envelopes at the pulse train outputs. For the FM-condition, the correlation generally increased as the number of demodulation bands decreased from 8 to 1, reaching relatively high values on some electrodes (e.g., correlation coefficient of 0.66 on electrode 4) in the FM-1band condition. Electrode 4 is tuned to mid-frequencies (around 1 kHz), where the frequency region encompasses the energy of the first and second formants of the vowel /a/ used in this study. This is consistent with the results of Gilbert and Lorenzi (2006) showing more AM recovery for channels where the amount of excitation is highest. This is also largely consistent with the consonant identification data in the present study; indeed, more AM recovery as well as better speech perception performance was obtained as a larger bandwidth was used for demodulation.
IV. DISCUSSION
The hypothesis that CI users can understand speech based on the recovered AM cues from FM processed by the sound processor is supported by these results. When speech sounds were demodulated into AM and FM components using a broadband analysis filter and the AM component was discarded (e.g., FM-1band), high levels of speech identification performance, voicing, and manner reception were observed in CI users. FM-1band speech scores were marginally correlated with Intact speech scores (Fig. 2) , suggesting that the ability of CI subjects to use the recovered AM cues from speech FM signals relates to a variability in speech perception in CI users. When the mean difference between CI and NH subjects was evaluated using an independent samples t-test, CI and NH subjects did not differ for the FM-speech conditions, suggesting that CI users could use the recovered envelope cues as well as NH subjects do. Consistent with the trend of consonant identification scores in CI subjects, the temporal envelope of the pulse-train outputs of CI processors showed a greater degree of similarity between the Intact and FM stimuli when a broader bandwidth was used for an analysis filter.
A similar pattern of results is observed in NH subjects. Consonant identification scores for NH subjects increased as the number of analysis filters is decreased (Fig. 1) . The CI and NH data in the current study are largely consistent with NH data reported by Gilbert and Lorenzi (2006) . Figure 3 compares the specific reception of voicing, manner, and place for NH and CI subjects. Again, a similar pattern is seen for both NH and CI listeners: Reception of all three phonetic features was best when the Intact and AM speech signals were used. When FM-speech signals were presented, reception of three phonetic features decreased as the number of analysis filters was increased. High voicing reception was observed for CI users with FM-speech signals. Interestingly, CI users nearly matched NH listeners for manner reception in the FM-1band condition. Together, these results demonstrate that CI users can use the AM cues recovered from the speech FM cues to achieve high levels of speech reception.
Finally, a comparable performance was obtained between the Intact-and AM-speech conditions (62 RAU vs 56 RAU) for CI subjects. This suggests that the recovered AM cues neither enhanced nor interfered with the auditory processing of the original AM cues for consonant identification when both AM and FM cues were presented to CI users. This was also true for NH subjects. Nevertheless, the present study demonstrated that the recovered AM cues contribute to robust speech perception when the speech AM cues are totally removed (i.e., FM-speech conditions). Further investigation is needed to determine if the recovered AM cues could contribute to robust speech perception when the speech AM cues are severely degraded by other acoustic distortions such as interfering background noise, peak clipping, amplitude compression, echoes, or reverberation. Recent psychophysical and modeling work by Swaminathan and Heinz (2012) demonstrated that, for NH listeners, speech intelligibility in steady background noise can be predicted by the extent of AM recovery at the output of the peripheral auditory nerve. Altogether, these results suggest that the fidelity of AM recovery should be taken into account (and assessed) by CI manufacturers when evaluating current and future CI processors. Indeed, the fidelity of the AM recovery is likely to depend on specific aspects of the spectral decomposition employed by the CI processor. Future studies should investigate how to maximize the AM-recovery process by determining the optimal shapes and number of analysis filters. The AMrecovery process may also be an important factor in CI users when AM speech cues are degraded by the limited input dynamic range or automatic gain control applied by their sound processor before spectral decomposition. 
V. CONCLUSIONS
The present study showed the following:
(1) Temporal envelope recovery from broadband FM can occur through the CI sound processor. (2) When the recovered temporal envelopes were modulated with pulse trains, CI users could understand speech. (3) The present data also suggest that variability in speech identification abilities among CI users may be partly caused by differences in the degree of AM recovery from FM speech components provided by the sound processor, and/or differences in CI users' ability to use the recovered AM cues from FM speech cues for speech perception.
